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Abstract: For various audio , teleconference, hearing aid , and voice 
recognition applications, a microphone array is known to be an effective 
method to . . . 

...Descriptors: hearing aids ; 

...Identifiers: hearing aid applications 
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On application of adaptive decorrelation filtering to assistive listening 
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Department of Computer Engineering and- Computer Science, University of 
Missouri-Columbia, Columbia, Missouri 65211; Beckman Institute and 
Department of ECE, University of Illinois at Urbana-Champaign, Urbana, 
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Ear Institute, Los Angeles, California 90057 

Journal: The Journal of the Acoustical Society of America, 2002-02, 111 
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Copyright (c) 2002 American Institute of Physics. All rights reserved. 
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aids ; Decorrelation; Acoustic filters ;• Acoustic signal processing; 
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Copyright (c) 2001 American Institute of Physics. All rights reserved. 
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Effects of hearing aids on binaural directional hearing in 
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The 129th Meeting of the Acoustical Society of America (Washington, DC 
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3346-3346 

Language: English 

Copyright (c) 1995 American Institute of Physics 

Effects of hearing aids on binaural directional hearing in 
hearing- impaired individuals 

GELNETT Donna J; NILSSON Michael J; SOLI Sigfrid D 

...spatial separation of the speech and a spectrally matched noise for 25 
hearing-impaired binaural hearing aid users. Directional hearing 

capacity for these individuals often fell within the normal range. Unaided 
RTSs were elevated 3... 

. . . that the interaural cues for binaural directional hearing are either 
inaudible or absent from the hearing aid output. Detailed analyses will 
be reported with respect to the type of hearing aid , hearing aid 
transfer function, and degree of hearing loss. 

English Descriptors: Experimental study; Hearing ; Hearing aids ; Hear 
ing imp airment; Directivity; Speech recognition; Noise; Transfer 
functions; Comparative evaluations 
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Language: English 
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Field trials of a portable prototype digital hearing aid 
GELNETT Donna J; SULLIVAN Jean A; NILSSON Michael J; SOLI Sigfrid D 
...and receivers located in left and right ear modules was built and used 
in a hearing aid field trial. Eight hearing impaired individuals with 
moderate to moderately severe hearing losses served as subjects. All 
subjects had symmetric hearing losses and were experienced binaural 
hearing aid users. Four binaural hearing aid algorithms were 

programmed into the processor for evaluation in the field trial. The 
algorithms all . . . 

English Descriptors: Experimental study; Hearing aids ; Digital systems; 
Microprocessors; Algorithms; Speech recognition; Noise; Testing 
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Method of signal processing for maintaining directional hearing with 
hearing aids 
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Elect. Eng. Dept., Eng. IV, 68-113, UCLA, Los Angeles, CA 91403-1594; 
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The 128th Meeting of the Acoustical Society of America (Austin, Texas 
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3244-3245 

Language: English 

Copyright (c) 1994 American Institute of Physics 

Wideband microphone array for hearing aid preprocessing 
YAO Kung; SOLI Sigfrid D ; KOROMPIS Dan 

...hearing and hearing impaired individuals. The feasibility of real-time 
acoustic beamformers with arrays for hearing aids , and the advantages 
of this scheme over conventional adaptive schemes will also be discussed. 

...English Descriptors: Experimental study; Measuring methods; HEARING 

IMPAIRMENT; Microphones; Signal-to-noise ratio; Constraints; Eigenvalues; 
Numerical solution; HEARING AIDS ; Speech recognition 
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The 127th Meeting of the Acoustical Society of America (Cambridge, 
Massachusetts { USA) ) 1994-06-06/1994-06-10 

Journal: Journal of the Acoustical Society of America, 1994-05, 95 (5) 
2994-2994 

Language: English 

Copyright (c) 1994 American Institute of Physics 
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NILSSON Michael J; SOLI Sigfrid D 

. . . noise are all lower in the headphone system, attributable to the 
elimination of room and speaker effects. Improvements in SSRTs with 
spatial separation of the signal and masker were 6.38... 
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Method for fitting binaural hearing aids 

GAO Shawn; SULLIVAN Jean; JAYARAMAN Sriram; SOLI Sigfrid D 

House Ear Inst., 2100 W. 3rd St., Los Angeles, CA 90057 

The 127th Meeting of the Acoustical Society of America (Cambridge, 

Massachusetts (USA) ) 1994-06-06/1994-06-10 

Journal: Journal of the Acoustical Society of America, 1994-05, 95 (5) 

2991-2991 

Language : English 

Copyright (c) 1994 American Institute of Physics 

Method for fitting binaural hearing aids 

GAO Shawn; SULLIVAN Jean; JAYARAMAN Sriram; SOLI Sigfrid D 
For a hearing aid wearer to perform binaural sound localization and 
to utilize directional hearing in noisy environments, it... 

... audible levels the binaural cues (i.e., interaural time and level 
differences) present without the hearing aid (s) in place. A method of 
achieving this hearing aid fitting goal for use with a prototype 

digital signal processing hearing aid has been developed. The method 
includes two major steps: hearing aid equalization (HAE) and hearing 
loss compensation (HLC) . HAE is achieved with an FIR filter, which 
equalizes the amplitude and phase insertion effects of the hearing aids 
and maintains the binaural cues with the hearing aid (s) in place. The 
HAE filter coefficients are obtained from in situ probe tube measures... 

. . . response for the HLC filter is determined from measures of electrical 
signal levels in the hearing aid circuit during threshold tests and 
during reference signal presentations in the sound field. The HAE. . . 

English Descriptors: Experimental study; Measuring methods; HEARING • AIDS 
; Sound sources; Noise; Signal processing; Filters; Loudness 
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06352242 SUPPLIER NUMBER: 92939068 

Build the frisker: Sniff out metallic contraband with this hand-held 
device. 

Sheets, William; Graf, Rudolf F. 
Poptronics, 3, 11, 21(1) 
Nov, 2002 

ISSN: 1526-3681 LANGUAGE: English RECORD TYPE: Fulltext 

WORD COUNT: 2820 LINE COUNT: 00206 

at the collector. Components R12, Cll, and C12 form a DC-blocking 
and low-pass filter network and suppress the higher frequency components 
All we want is the frequency difference product... 

...amplifier stage that delivers up to a few hundred milliwatts of audio t 
a small speaker mounted off the PC board. 

The Frisker is designed to only sense objects within an... 
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FOUR-CHIP SET COMBINES FAX, DATA, VOICE: Sierra modem chip set 

Electronic Engineering Times, p21 
Oct 12, 1992 

Language: English Record Type: Fulltext 
Document Type: Magazine/ Journal; Trade 
Word Count: 5 67 

analog front end includes 12-bit A/D and D/A converters, a 
seventh-order low - pass receive filter , and adaptive features for 
near-end echo cancellation . 

The SC11083 interface IC sweeps up glue logic for the AT bus, parallel 
to serial . . . 
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Echo cancellation for high-speed dial-up applications, (part 1 of multipart 

series) (includes related article on using a V.32 echo cancelling modem) 

(technical) 

Turner, Steven E. 
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Jan, 1988 
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WORD COUNT: 2381 LINE COUNT: 00182 

... the dial-up telephone network. 

* TYPES OF ECHO 
CANCELERS AND 
HOW THEY WORK 

Data-domain echo cancelers can be either baseband or passband 
cancelers or a combination of both. There are two essential differences 
between baseband and passband cancelers. The first is the type of signal 
(complex and baseband or real and passband ) contained in the adaptive 
FIR canceler filter . The second is the location and technique by which 
the actual cancellation (subtraction) takes place. A block diagram of a 
baseband echo canceler , as used in a V.32 modem, is shown in Figure 2. 
A detailed illustration of the actual filter used in the baseband echo 
canceler can be found in Figure 3. Note that the single lines indicate 
real signals, while... 
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Optimum filter banks for signal decomposition and its application in 
adaptive echo cancellation . 

Jin, Qu; Luo, Zhi-Quan; Wong, Kon Max 

IEEE Transactions on Signal Processing, v44, n7, pl669(12) 
July, 1996 

ISSN: 1053-587X LANGUAGE: English RECORD TYPE: Abstract 

ABSTRACT: The optimum quasi-biorthogonal (OQB) filter banks allow 
efficient echo cancellation in electronic signals. A multiresolution 
algorithm decomposes a distorted original signal into a number of 
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components. An adaptive algorithm cancels the echo in the received 
signal. The filters have high energy concentration in the passband . The 
use of adjacent-band adaptive filtering along with OQB filters gives 
better performance than that obtained using in-band filtering alone. 
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Neural networks: applications in industry, business and science. 
(Artificial Intelligence) (Cover Story) (Technical) 

Widrow, Bernard; Rumelhart, David E.; Lehr, Michael A. 
Communications of the ACM, v37 , n3, p93(13) 
March, 1994 

DOCUMENT TYPE: Technical ISSN: 0001-0782 LANGUAGE: English 

RECORD TYPE: Fulltext; Abstract 

WORD COUNT: 7127 LINE COUNT: 00713 

lines, which would normally be tolerated with speech, is 
devastating to high-speed data transmission. Echo cancelling solves the 
problem by detecting the echo and adding an equal and opposite signal to 
the return path. The cancelling signal is generated by an adaptive 
transversal filter whose coefficients (weights) are automatically 
adjusted by the LMS algorithm of Widrow and Hoff [32], also known as the 
delta rule in the field of neural networks. The adaptive filter makes 
use of what amounts to a single neuron. The first echo cancellers were 
developed at AT&T Bell Labs in the 1960s by M. M. Sondhi and. . . 

. . . fiber-optic channels can have nonf lat frequency responses and nonlinear 
phase responses in the signal passband . Sending digital data at high 
speed through these channels often results in a phenomenon called. . . 

...medium. Equalization in data modems combats this phenomenon by filtering 
incoming signals. A modem's adaptive filter , by adapting itself to 
become a channel inverse, can compensate for the irregularities in channel 
magnitude and. . . 
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March, 1994 
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lines, which would normally be tolerated with speech, is 
devastating to high-speed data transmission. Echo cancelling solves the 
problem by detecting the echo and adding an equal and opposite signal to 
the return path. The cancelling signal is generated by an adaptive 
transversal filter whose coefficients (weights) are automatically 
adjusted by the LMS algorithm of Widrow and Hoff [32], also known as the 
delta rule in the field of neural networks. The adaptive filter makes 
use of what amounts to a single neuron. The first echo cancellers were 
developed at AT&T Bell Labs in the 1960s by M. M. Sondhi and. . . 

...fiber-optic channels can have nonf lat frequency responses and nonlinear 
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phase responses in the signal passband . Sending digital data at high 
speed through these channels often results in a phenomenon called... 

. . .medium. Equalization in data modems combats this phenomenon by filtering 
incoming signals. A modem's adaptive filter , by adapting itself to 
become a channel inverse, can compensate for the irregularities in channel 
magnitude and. . . 
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Echo Cancellation for High-Speed Dial -Up Applications: Part I 

Turner, Steven E. 

Telecommunications v22nl (North American Edition) PP: 80-87, 104 Jan 
1988 

ISSN: 0040-2494 JRNL CODE: TEC 

ABSTRACT: Echo canceler technology has arrived with the advent of the 
V.32 modem. A critical design issue in the field of data communication, 

echo canceler technology must be understood by design engineers and 

technical managers. Basically, an echo canceler is a filter used to 
model the echo path created when a transmitted signal flows through the 
telephone network. Types of echo cancelers include data-domain echo 

cancelers , which can be either baseband or passband cancelers or a 
combination of both. Differences between baseband and passband cancelers 
are: 1. the type of signal contained in the adaptive FIR canceler 

filter , and 2. the location and technique by which the actual 
cancellation takes place. While the baseband canceler requires significant 
use of complex arithmetic, the passband canceler takes much longer to 
converge and train. The Weinstein canceler is the combined version... 
... a short baseband modeling filter while avoiding the complex arithmetic 
at the point of actual echo cancellation . 
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SECTION HEADING: News: Business 

WORD COUNT: 567 

analog front end includes 12-bit A/D and D/A converters , a 
seventh-order low - pass receive filter , and adaptive features for 
near-end echo cancellation . 

The SC11083 interface IC sweeps up glue logic for the AT bus, 
parallel to serial... 
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BAND -LIMITED ADAPTIVE FEEDBACK CANCELLER FOR HEARING AIDS 

DISPOSITIF ADAPTATIF DE SUPPRESSION DE L'EFFET LARSEN A BANDE LIMITEE 
DESTINE AUX PROTHESES AUDITIVES 
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Claims 

Fulltext Word Count: 9255 



English Abstract 

An improved method for adaptively cancelling acoustic feedback in 
hearing aids and other audio amplification devices. Feedback cancellation 
is limited to a frequency band that encompasses all unstable frequencies. 
By limiting the bandwidth of the feedback cancellation signal, the 
distortion due to the adaptive filter is minimized and limited only to 
the unstable feedback regions. A relatively simple signal processing 
algorithm is used to produce highly effective results with minimal signal 
distortion. 



French Abstract 

L 1 invention concerne un procede ameliore pour supprimer de maniere 
adaptative l'effet Larsen dans les protheses auditives et dans d'autres 
dispositifs audio amplifies. La suppression de l'effet Larsen est limitee 
a la bande de frequences qui englobe toutes les frequences instables. En 
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limitant la bande de frequences du signal d'annulation de l ! effet Larsen, 
on arrive a reduire au minimum la distorsion provoquee par le filtre • 
* adaptatif, qui est limitee uniquement aux zones instables de I'effet 
Larsen. On utilise un algorithme relativement simple de traitement des 
signaux pour obtenir des resultats probants, et ce avec une distorsion 
minimale des signaux. 
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Claims 

Fulltext Word Count: 6962 
English Abstract 

A "true" hearing aid transfer function (K(f)), including feedback, is 
derived from measurements taken with the hearing aid fitted in a 
patient's ear canal. Closed loop transfer functions (L(f)) are calculated 
at several hearing aid gains without opening the internal circuitry of 
the hearing aid using a time domain Weiner optimal filter model. The 
combined open loop transfer function of the hearing aid and feedback path 
is then calculated. Once the open loop transfer function is known, 
potentially unstable frequencies are identified and maximum hearing aid 
gain settings are determined. The hearing aid transfer function and 
transfer function of feedback path (B(f)) are also calculated from the 
closed loop transfer function measurements. 

French Abstract 

L ! invention concerne une fonction "veritable" de transfert de prothese 
auditive (K(f)), y compris une retroaction, derivee de mesures prises 
avec la prothese auditive ajustee dans le conduit auditif externe d'un 
patient. On calcule des fonctions de transfert en boucle fermee (L(f)) a 
plusieurs gains de prothese auditive sans ouvrir 1' ensemble de circuits 
internes de la prothese auditive grace a un modele de filtre optimal de 
Weiner a reponse temporelle. On calcule ainsi la fonction de transfert en 
boucle ouverte combinee de la prothese auditive et de la trajectoire de 
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retroaction. Une fois que la fonction de transfert en boucle ouverte est 
connue, on identifie les frequences potentiellement instables et on 
determine les reglages de gains de prothese auditive maximaux. On calcule 
egalement la fonction de transfert de la prothese auditive et la fonction 
de transfert de la trajectoire de retroaction (B(f)), a partir des 
mesures de fonction de transfert en boucle fermee. 

Inventor (s) : 

GAO Shawn X . . . 



SOLI Sigfrid D 
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Patent Details: 
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Abstract (Basic)-: WO 200019605 A2 

NOVELTY - The feedback canceller includes an adaptive digital 
filter (30) whose output is combined with input of audio amplification 
device. A band limiting filter having passband limited to a frequency 
band containing unstable frequencies is coupled between the 
amplification device and adaptive filter. 

DETAILED DESCRIPTION - An INDEPENDENT CLAIM is also included'for 
method for adaptively canceling acoustic feedback. 

USE - For audio amplification devices such as hearing aid. 

ADVANTAGE - By limiting the bandwidth of the feedback cancellation 
signal, distortion due to adaptive filter is minimized and limited only 
to unstable feedback regions. 

DESCRIPTION OF DRAWING (S) - The figure shows functional block 
diagram of hearing aid and feedback canceller. 

Adaptive digital filter (30) 

pp; 66 DwgNo 4/21 
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Signal processing to maintain directional hearing with hearing aid - 
using filter compensating for insertion effect derived from ratio of 
unaided to aided head related transfer function 
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US 5325436 A 17 H04R-005/00 

Abstract (Basic) : US 5325436 A 

The method for obtaining coefficients of a digital filter for use 
in compensating effects of a hearing aid involves determining an 
unaided head related transfer function for each ear and for several 
azimuth locations of a sound source. An aided head related transfer- 
function is determined for each ear using a hearing aid for the several 
azimuth locations of the sound source. 

Minimum phase representation of the unaided and aided head related 
transfer function are found. The ratio between the unaided and aided 
minimum phase representation is calculated to form a target filter 
response. Several filter coefficients are obtained by sampling the 
target filter response at several frequency values corresponding to 
frequency increments in the digital filter. 

USE/ADVANTAGE - Allows user to determine direction of sound. 
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ABSTRACT 

PURPOSE: To obtain a loud-speaker telephone set for automobile superior in 
service quality by erasing a passing-round signal only in a certain partial 
band of the voice signal band for the purpose of preventing the signal, 
which a speaker in the automobile sends, from passing round to the speaker 
after a certain time. 



CONSTITUTION: A transmission signal Sk from a microphone 3 is inputted to a 
low - pass filter 14, and only its low band component SLk is taken out 
and is inputted to an echo canceller 15. An estimated value -rLk of a low 
band component rLk from a band separating filter 16 is estimated in the 
canceller 15, and its phase inverted signal is inputted to an adder 17. 
Consequently, the signal rLk is erased in the output of the adder 17. Its 
erase error eLk is inputted to a band synthesizing filter 18. A high band 
component rHk from the filter 16 and the erase error eLk are synthesized 
into an original voice band signal RDk by the filter 18. This signal is 
inputted to a speaker 2 and an echo canceller 1. Consequently, the 
low band component is erased from a passing-round signal rk of the signal 
inputted from the microphone 3 with respect to the signal RDk. 
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Abstract (Basic) : WO 200019605 A2 

NOVELTY - The feedback canceller includes an adaptive digital 
filter (30) whose output is combined with input of audio amplification 
device. A band limiting filter having passband limited to a 
frequency band containing unstable frequencies is coupled between the 
amplification device and adaptive filter . 

DETAILED DESCRIPTION - An INDEPENDENT CLAIM is also included 'for 
method for adaptively canceling acoustic feedback. 

USE - For audio amplification devices such as hearing aid. 

ADVANTAGE - By limiting the bandwidth of the feedback cancellation 
signal, distortion due to adaptive filter is minimized and limited 
only to unstable feedback regions. 

DESCRIPTION OF DRAWING (S) - The figure shows functional block 
diagram of hearing aid and feedback canceller . 

Adaptive digital filter (30) 
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Abstract (Basic) : JP 11298618 A 

NOVELTY - Echo cancelers (M15,T15) of base-station (Ml) and t 
sub-station (Tl) are connected to the output side of high pass 
filters (M22,T22), respectively. Microphones (M12,T12) are connected 
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to input of each echo canceler , and speakers (M17,T17) are 
connected to the output of echo cancelers. High pass filters 
(M22,T22) are connected to input of codec (M16,T16) connected to the 
line (LI) . 

USE - For e.g. hands-free speaker phone. 

ADVANTAGE - Enables transmission and reception of more audio 
signals having high frequency. DESCRIPTION OF DRAWING (S) - The figure 
shows the block diagram of intercom apparatus. (LI) Line; (Ml) Base- 
station; (M12,T12) Microphones; (M15,T15) Echo cancelers; (M16,T16) 
Codec; (M17,T17) Speakers; (M22,T22) High pass filters ; (Tl) Sub- 
station . 
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Howling qanceler for preventing feedback of sound from speaker to 
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Abstract (Basic) : JP 8237789 A 

The canceler includes an analog-digital converter (2) which 
converts an audio signal input to a microphone to a digital signal. The 
obtd. digital signal is divided into several frequency-band signal of 
desired number of channels through a band - pass filter . An 
oscillation sensor detects the existence of oscillation at each 
frequency-band signal. 

An adder (6) combines the frequency band signals that passes to an 
oscillation prevention circuit. A digital-analog converter (7) performs 
the digital-analog conversion of each frequency-band signal after the 
concerned signal has been controlled to a stable side. 

ADVANTAGE - Offers howling canceler which pertinently prevents 
howling during signal processing. Prevents changing of microphone 
direction and specific speaker interruption. 
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Loud-speaker terminal equipment - has alarm tone transmission function 
corresp. to volume approved by fire-fighting authority with speaker 
built with acoustic feedback loop between microphones 

Patent Assignee: AIHON KK (AIHO-N) 

Number of Countries: 001 Number of Patents: 001 
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Abstract (Basic) : JP 7248789 A 

The equipment includes a microphone (1) that generates a specific 
frequency signal (f2) from an audio signal (fl) that passes through a 
band - pass filter (3) . 

An electronic switch (4) is activated according to an alarm signal 
(f6) produced by a sensor (19) in passing the specific frequency signal 
into a speaker (10) which is built with an acoustic-feedback loop 
between the microphones. 

ADVANTAGE - Enables reduction of electric audio conversion 
efficiency caused by change in manufacturing error of speaker without 
enlarging power amplifier that* drives it. 

Dwg. 1/3 
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EP 87308927 A 19871008 

Priority Applications (No Type Date) : US 86939527 A 19861208 
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3119065; US 3405364; US 4143324 
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Abstract (Basic) : EP 271190 A 

The detector circuit uses a single transistor (Ql) to the collector 
of which the modulated RF signal is coupled from a terminal terminal 
(20) through a coupling capacitor (C5) . The RF signal is coupled also 
through a feedback loop including the surface acoustic wave 
device, (22) and an inductor (L2) to initiate oscillations more rapidly 
than is the case with thermal noise alone as the input voltage. 

The SAW device has a relatively low quality factor and low loss. 
The transistor output is coupled through an inductor (LI) and capacitor 
(C3) to a low pass filter (24) for recovery of the modulation 
signal. 

USE/ADVANTAGE - In garage door opening receiver. Is temperature 
stable, does not drift in frequency, and has very narrow reception band 
eliminating effects of noise and stray signals 
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ABSTRACT 

PROBLEM TO BE SOLVED: To transmit /receive audio signals at a much higher 
frequency without being limited to audio signals in a telephone band 

limited by an echo canceler with respect to a loud speaker 

interphone system. 

SOLUTION: Among audio signals exchanged between a base unit Ml and a hand 
set Tl connected through a line LI, audio signals in the telephone band are 
respectively discharged from first speakers Mil and Til through first and 
third band-pass filters M21 T21, M23 and T23 and echo cancelers M15 and 
T15 and audio signals at the frequency higher than the telephone band are 
respectively discharged from second speakers M17 and T17 separately 
provided under the control of audio switches M19 and T19 through second and 
fourth band-pass switches M22, T22, M24 and T24 . Thus, the audio signals in 
the telephone band can be made into fully duplex communication and, the 
audio signals at the frequency higher than the telephone band can be made 
into semi-duplex communication. 

COPYRIGHT: (C) 1999, JPO 
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ABSTRACT 

PROBLEM TO BE SOLVED: To have excellent high speed and operation stability 
and high adaptive performance and to enable an acoustic control, always 
maintaining large acoustic echo canceling amount by inserting a low - 
pass filter into a transmitting signal output terminal and interrupting 
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the high frequency component of a transmitting signal when howling is 
detected. 

SOLUTION:. The device having the same constitution as an acoustic echo 
removing device 11 adopting a learning identifying method as an adaptive 
algorithm is composed of a howling detector 12, a band limit controller, a 
changeover switch 15 and a low-pass filter 16. When howling is detected 
by this howling detector 12, the band limit controller stops the successive 
update operation of a coefficient correction amount arithmetic circuit 7, 
operates the changeover switch 15, inserts the low-pass filter 16 and 
interrupts the high frequency component of a transmitting signal. 
Therefore, even if a communication line state is fallen into an unstable 
status, the generation of howling is suppressed without disconnecting the 
line and a speech state which is excellent in high speed and operation 
stability can be maintained. 
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ABSTRACT 

PURPOSE: To effectively cancel an echo signal by assuming the reverberation 
time of a echo path from echo path characteristic assumed at each frequency 
band and variably setting a tap length in order to generate a pseudo echo 
signal in accordance with it. 

CONSTITUTION: A speaker 1 and a microphone 2 are acoustically coupled. An 
input sound signal is separated by low-pass filters 11 and 21 and 
high-pass filters 12 and 22, the signals of respective frequency bands 
are sampled by frequency converting circuits 13, 23, 14 and 24, and the 
signals are supplied for the generation . of the pseudo echo signal by an 
echo canceler circuit 3 for a low - pass and an echo canceler 

circuit 4 for a high - pass . The pseudo echo signal generated at the 
echo canceler circuit 3 for the low - pass and the echo canceler 

circuit 4 for the high - pass is supplied for the canceling processing 
of the echo signal at subtracters 5 and 6. 
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ABSTRACT 

PURPOSE: To eliminate noise produced around the boundary of each band by 
dividing the band into plural numbers, converting each band into a low 
frequency, eliminating an echo signal, restoring the frequency into the 
original band so as to eliminate the echo signal of all -bands. 



CONSTITUTION: When a transmission/reception d 
discriminates the mode as the reception mode, the 
11 to the position B and throws a switch 13 to the 
a reception signal inputted from a termini 23 is 

17 via a band stop filter 5, a band split 
an amplifier 15. In this case, the band stop 
frequency component of the band near the boundar 
by the band split echo canceller 3, then the nois 
by using a quadrature mirror filter . The n 
similarly in case of the transmiaaion . 



iscrimination circuit 9 
circuit 9 throws a switch 
position D . As a result, 
outputted from a speaker 
echo canceller 3 and 
filter 5 eliminates the 
y of the band to be split 
e around it is eliminated 
oise is eliminated almost 
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Echo canceller for full-duplex communication device e.g. modem, has 
sub-band echo canceller which suppresses band limited pseudo echo 
signal, in addition to adaptive type filter 
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Patent No Kind Date Applicat No Kind Date Week 
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Priority Applications (No Type Date) : JP 200121979 A 20010130 
Patent Details: 
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JP 2002232329 A 7 H04B-003/23 . . 

Abstract (Basic) : JP 2002232329 A 

NOVELTY - An adaptive type filter suppresses a pseudo echo 
signal, using transmitted signal and received echo signal. A sub-band 
echo canceller (15) suppresses the band limited pseudo echo 
signal . 

USE - In full-duplex communication device e.g. modem, speaker 
phone . 

ADVANTAGE - Since band limited pseudo echo signals is suppressed, 
problem of frequency resolution is avoided. 

DESCRIPTION OF DRAWING (S) - The figure shows the block diagram of 
the echo canceller. (Drawing includes non-English language text) . 

Sub-band echo canceller (15) 
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Echo canceller for teleconferencing system - has band division type low 
pass echo canceller that eliminates remaining echo in adaptive 

filter after pseudo echo derived from decimeter low pass data is 

subtracted from second 
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Patent No Kind Lan Pg Main IPC Filing Notes 
JP 7123028 A 7 H04B-003/23 

Abstract (Basic) : JP 7123028 A ' * 

The echo canceller has an adaptive filter which uses two 
decimeters (5.1,6.1) to generate low pass data. The voice signal 
received through the voice signal noise correcting microphone (12) is 
amplified, digitised and modulated with twice the sampling frequency 
before it is fed to the low frequency echo canceller (8) operating in 
the 7 KHz band. The echo canceller has a 3.4 KHz sampling frequency. 

The digital voice data is transmitted through the codec (2) and the 
communication controller (2) . The digital voice data received as a- 
response is received by the same communication controller. The 
operation is reversed and the processed voice data is amplified to the 
speaker . 

ADVANTAGE - Prevents echo generation. Eliminates howling. Increases 
device versatility since it can be used for both wideband and 
narrowband communications. 
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Feedback canceling method for acoustic system, involves using least 
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Abstract (Basic) : WO 200106812 Al 

NOVELTY - The feedback canceling method involves using LMS (8) 
algorithm for generating filter coefficients (9) and using a high 
pass filter (20) to prevent low frequency signals from entering the 
LMS algorithm. The low frequency input for the LMS algorithm is 
provided by using the additional feedback cancellation filter (7) 
and a noise generator. 

DETAILED DESCRIPTION - An INDEPENDENT CLAIM is also included for 
hearing aid . 

USE - For acoustic system to cancel feedback . 

ADVANTAGE - The method improves adaptation speed and eliminates 
side effects by fast suppression of feedback oscillations. The user 
comfort is improved by stabilizing the feedback cancellation and 
providing reliable coefficients for feedback canceling filter . 

DESCRIPTION OF DRAWING (S) - The figure shows the schematic diagram 
of feedback canceling system. 

Additional feedback cancellation filter (7) 

LMS (8) 

Filter coefficients (9) x 
High pass filter (20) 
pp; 23 DwgNo 1/3 
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Abstract (Basic) : WO 9108654 A 

The programmable hearing aid comprises a main section (1) and 
two secondary sections (2a, 2b) which are connected to the main section 
together with a battery. 

The open connection of the aid constitutes an acoustic 
transmission channel with low - pass characteristic and resonant 
amplification . The hearing aid also includes an analog input 



June 27, 2003 



section with a microphone amplifier (11) and a deconvolution filter 

(13) . A digital signal processor with a compressor (33) and an 
equaliser (34) are also provided each of which contains RAM memories 
together with an analog output section with a reconstruction filter 

(14) . 

USE /ADVANTAGE - Hearing aid permits utilisation of hearing 
residuee in bass range, and user can choose one of different response 
functions stored in hearing aid according to acoustic 
environment. (Dwg.No. la/6) 
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Abstract (Basic) : EP 363714 A 

The amplifier has a 2-quadrant multiplier (2M) and a feedback 
loop containing a rectifier stage (GR) and a low - pass filter 
(TP) providing an output signal which is supplied to the control input 
of the 2-quadrant multiplier (2M) . The output of the latter is coupled 
via a separation amplifier (TV) to a controlled amplification stage 
(SC) . 

The rectifier stage (GR) is coupled to a bias voltage generator 
(GV), with the output of the rectifier stage (GR) coupled to the low - 
pass filter (TP) via a summation point (S) receiving an output 
current (10) from a reference current source (RI) . 

USE - For multi-channel automatic gain controller in hearing aid 
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Abstract (Basic) : DE 3927765 A 

A hearing aid has a microphone (12), a variable filter (14), 
amplifier (16) and a sensor unit (18). The microphone receives speech 
input that is passed through the filter which is a high pass 
device with the cut off frequency determined by the control input (20) . 
The sensor circuit has a threshold level control (25), band pass 
filter (26), level detector (30) and a smoothing circuit (32). 

The band pass filter has a centre frequency of 250 Hz and 
generates an output that is interpreted by the detector to identify, 
noise. This results in the variable filter (14) being adjusted to 
effectively reduce the noise effect. 

ADVANTAGE - Modifies signal to reduce received noise effect 
Title Terms: HEARING; AID; SYSTEM; FEEDBACK; LOOP; CONTROL; VARIABLE; 
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Abstract (Basic) : DE 3306441 A 

The amplifier has an input transducer, an amplifying unit (30) an 
output transducer and automatic gain control. A variable resistor (40) 
is used to obtain an ac voltage having the same phase as the signal 
from the input transducer. A rectifier (50) and an RC filter are - 
provided . 

The filter 1 s output is connected to the base of a first 
transistor (70) whose collector controls the base of a second 
transistor (80) . The second transistor is connected to the input of the 
amplifier unit such that it increases the short circuiting experienced 
by this unit's input signal as the signal -from the variable resistor 
becomes larger. The advantage lies in the amplifier's being suitable 
for the small supply voltages (c. 1.3V) found in hearing aids . 

1/1 
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Priority Applications (No Type Date) : DE 3141420 A 19811019 
Patent Details: 

Patent No Kind Lan Pg Main IPC Filing Notes 
DE 3141420 A 16 

Abstract (Basic): DE 3141420 A 

The amplifier circuit (6,7) is inserted between a microphone and a 
hearing capsule, for amplifying the received sound waves. It 
incorporates a volume control and a frequency filter (7), the latter 
exhibiting two signal paths (7a, 7b) with wideband and high pass 
filter characteristics respectively. The signals fed along the two* 
signal paths (7a, 7b) exhibiting a relative phase shift of about 180 
degrees. 

The wideband signal path (7a) has a variable resistor (24) and 
contains only passive components so that it can transmit signals in 
either direction for simultaneously acting as a feedback loop . The 
other signal path (7b) has a positive amplification of between 5 and 
lOdB. The amplifier circuit allows optimum sound balancing. 

1/10 
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ABSTRACT 

PROBLEM TO BE SOLVED: To have excellent high speed and operation stability 
and high adaptive performance and to enable an acoustic control, always 
maintaining large acoustic echo canceling amount by inserting circuit 
loss into the line of a high frequency band and interrupting the high 
frequency component of a transmitting signal when howling is detected. 

SOLUTION: This system is composed of an acoustic echo removing device 
11 adopting a learning identifying method as adaptive algorithm, an 
analysis filter 12, a synthetic filter" 13, a down-sampling circuit 14, 
an up-sampling circuit 15, a recoupling addition circuit 16, a howling 
detector 17, a band limit controller 18 and a circuit loss control 

circuit 19. When howling is detected by the howling detector 17, the 
successive update operation of a coefficient correction amount arithmetic 
circuit 7 on a high frequency band side is stopped, circuit loss is 
inserted into a pertinent high frequency band line and the high frequency 
component of a transmitting signal is interrupted. Thus, the probability of 
the generation of howling can be reduced. 
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PURPOSE: To obtain digital audio transmitting and receiving devices whereby 
a circuit scale is made to be small by unifying the sampling frequency of 
an encoding system with different sampling frequencies. 

CONSTITUTION: At the time of transmission, only the prescribed band of a 
signal supplied to a digital low pass filter 24 is supplied to a 1/2 
thinning circuit 25 in a band converting part 2. Though the actual sampling 
frequency is reduced by the circuit 25, the filter 24 is provided before 
the circuit for satisfying a sampling theorem even at that time so that the 
band is limited. In the meantime, at the time of reception, a reception 
signal inputted to a signal separating part 31 with a digital line 
interface 30 is separated into a video signal and a sign code. The digital 
audio signal from a telephone quality voice decoder 32 is supplied to a 
sampling frequency converting part 10 and converted into the operation 
frequency of echo canceller 23. Thus, the audio signal is made to be 
the sampling frequency being the same as the audio signal from a high 
quality voice decoding part 36. 
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ABSTRACT ' ' 

PURPOSE: To make the operation stable in double talking over the entire 
band of a voice signal by deciding the speech band respectively for the 

echo canceller system for reducing incoming and outgoing voice signals 
and for the system dividing the frequency depending on a cause of call 
occurrence for a high frequency so as to improve an echo cancel 

function . 

CONSTITUTION: A low frequency component of a voice band at a caller side 
separated by a low pass filter 4 of a loudspeaking simultaneous 

speech equipment TE(sub 1) is converted into a digital signal and it is 
sent to a CPU 19. An echo cancel arithmetic operation program built in 
the CPU 19 references an outgoing voice signal from the low pass 

filter 11 to calculate a simulating echo. An incoming voice signal FS 
from which the simulating echo is subtracted is sent to a speech use D/A 
converter 6. On the other hand, a high frequency component in the incoming 
voice signal sent from an incoming caller side low frequency elimination 

filter 2 is eliminated in a way of an interdigital filter corresponding 
to the frequency of the outgoing voice signal FS of the caller band pass 
filter 9 so as to prevent howling of the high frequency component. 
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ABSTRACT 

PURPOSE: To prevent the acoustic feedback effect for reducing 
efficiently exhaust sounds, by entering a signal, which has a burning noise 
frequency, corresponding to engine speed and a phase opposite to exhaust 
pulsation, into a pulsation generator. 

CONSTITUTION: On an exhaust passage 1, a pressure sensor 2 is provided, and 
the signal from the sensor 2 is input in a sequential type probability 
control system 8 via a band - pass filter 3 and an A/D converter 4. 
Further, the signal from an engine speed sensor 5 is entered in a frequency 
converter 6, and in the converter 6 the frequency of engine speed pulse is 
converted to a basic frequency of burning sound. And, in the control system 
8, a signal having a burning sound frequency and a phase opposite to 
exhaust pulsation is formed, and sent to a speaker 11. Thus, the acoustic 
feedback effect is prevented , and exhaust sounds can be reduced. 



15/5/5 (Item 5 from file: 347) 

DIALOG (R) File 347: JAPIO 

(c) 2003 JPO & JAPIO. All rts. reserv. 

01907524 **Image available** 
ECHO CONTROL SYSTEM 



PUB. NO. : 
PUBLISHED: 
INVENTOR (s) 



APPLICANT (s) 

APPL. NO.: 
FILED: 
INTL CLASS: 
JAPIO CLASS: 
JOURNAL : 



61-121624 [JP 61121624 A] 
June 09, 1986 (19860609) 
UMIGAMI SHIGEYUKI 
MURANO KAZUO 
KOSHIKAWA MA SAM I 

FUJITSU LTD [000522] (A Japanese Company or Corporation), JP 
(Japan) 

59-243808 [JP 84243808] 
November 19, 1984 (19841119) 
[4] H04B-003/20 

4 4.2 (COMMUNICATION -- Transmission Systems) 

Section: E, Section No. 447, Vol. 10, No. 309, Pg. 65, 

October 21, 1986 (19861021) 



ABSTRACT 

PURPOSE: To realize an echo canceller with simplified circuit 

constitution by splitting a transmission system into a low-frequency signal 
component and a high-frequency signal component and using the echo 

canceller for the low frequency signal component to erase the echo 
component and using a comb-line filter with respect to the high frequency 
signal component to extract the frequency. 



CONSTITUTION: After an incoming signal is converted into a digital signal, 
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the result is separated into high and low frequency signals by a band 

pass separation filter 12 of an incoming system. The separated high 
frequency component is subjected to spectral interleaving by a comb-line 
filter 13 extracting the frequency component of a prescribed interval. 
The interleaving signal is added to the separated low frequency component 
at an adder filter 14 to drive a speaker 3. The sound signal of a 
microphone 1 is separated into the high and low frequency signals by a 
band pass filter 8 the same as that of the incoming system. The echo 
component is separated into the high and low frequencies, and the echo is 
blocked in terms of frequencies with respect to the high frequency 
component by the comb-line filter 10. The echo is eliminated with respect 
to the low frequency component by using a well-known echo canceller 9. 
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ABSTRACT 

PURPOSE: To improve the damping characteristics of multiway speakers by 
adding and synthesizing plural signals having undergone frequency division 
and negative- feedback-operating this synthesized signal. 

CONSTITUTION: The output signal of an amplifier 2 is applied to a tweeter 3 
through a high - pass filter , to a squawker 4 through a band - pass 

filter and to a woofer 5 through a low - pass filter . The signals 
being applied to the tweeter 3, squawker 4 and woofer 5 after having been 
frequency-divided are respectively synthesized through resistances R(sub 

1) , R(sub 2), R(sub 3) and the synthesized signal is voltage-divided in 
resistances R(sub 4), R(sub 5), after which it is applied to the inversion 
input terminal of the amplifier 2, whereby negative feedback is applied 
thereto. Then, even those up to the signals driving the speakers 3, 4, 5 
are included in the negative feedback loop and therefore, the 
degradation in the damping factors owing to the presence of equivalent 
series resistances in capacitors C(sub 1), C(sub 2), coils L(sub 1), L(sub 

2) may be eliminated. 



15/5/7 (Item 1 from file: 350) 

DIALOG (R) File 350:Derwent WPIX 

(c) 2003 Thomson Derwent . All rts. reserv. 

014803722 **Image available** 

WPI Acc No: 2002-624428/200267 

Noise and echo canceling apparatus for use in hands free kit includes 
a high pass filter and a low pass filter sequentially 



June 27, 2003 



filter out non-audible frequency components of the user's voice signal 
from the microphone 

Patent Assignee: AEROTELECOM CO LTD (AERO-N) ; AERO TELECOM CO LTD (AERO-N) 
Inventor: SEO G I; SUH G I 

Number of Countries: 001 Number of Patents: 002 
Patent Family: 

Patent No Kind Date Applicat No Kind Date Week 

KR 2002012028 A 20020215 KR 200045447 A 20000805 200267 B 

KR 335404 B 20020506 KR 200045447 A 20000805 200271 

Priority Applications (No Type Date) : KR 200045447 A 20000805 
Patent Details: 
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Abstract (Basic) : KR 2002012028 A 

NOVELTY - The ground (7) is provided at a microphone ( 5 ) powered from 
the power supply (3) to ground a user's voice signal before transferring 
it to a noise canceler (6) . The ground (9) connected to a speaker (8) 
to ground the other party's voice signal from the noise canceler f 6 ) A 
high pass filter and a low pass filter sequentially filter 
out non-audible frequency components of the user's voice signal from 
the microphone (5) . An analog switch turns on/off the output of the 
user's voice signal depending on the other party's voice signal. 

DETAILED DESCRIPTION - In noise and echo canceling apparatus 
for a hands free, a power supply ground(4), a microphone ground(7) and 
a speaker ground (9) are separated from each other. The ground (7) is 
connected to a power supply (3) receiving power through a plug coupled 
to a cigarette lighter of a car to ground charge noise without 
effecting on other circuits. 

USE - For hands-free apparatus of a GSM handheld phone. 

ADVANTAGE - The noise and echo canceling is achieved by - 
reducing effect of charge noise and grounds, amplifying audible 
frequencies only, and, if no signals at a speaker , outputting user's 
voice . 
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Abstract (Basic) : EP 901267 A 

NOVELTY - Microphones, preferably four or more, in a microphone 
vector (2) receive a voice signal and each produces a single signal. 
This is passed through band - pass filters (14) to direction angle 
estimating to units (15, 17), that store the assumed direction of 
arrival of the voice. This is then compared to the assumed direction in 
a detection unit (18), to identify a match of the assumed and estimated 
directions of arrival of a voice signal. 

DETAILED DESCRIPTION - An INDEPENDENT CLAIM is included for a 
detection device of voice sources. 

USE - Detecting source of voice using receiving microphone e.g. in 
full duplex speaker phones that are prone to echo. 

ADVANTAGE - Achieves echo - canceling and suppresses information 
of about message-end speech activity 

DESCRIPTION OF DRAWING (S) - The drawing is a block diagram of 
detector according to present invention. 

Microphone vector 2 
Band - pass filter 14 

Estimation and recording units 15, 17 

Direction detection unit 18 

Dwg.2/9 
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Adaptive type noise removal appts for vehicle telephone - has adaptive 
filters , which vary characteristics of each signal path of transmission 
signal to which presumed echo is added, adaptively based on adder's 
output 

Patent Assignee: NEC CORP (NIDE ) 

Number of Countries: 001 Number of Patents: 001 

Patent Family: 

Patent No Kind Date Applicat No Kind Date Week 

JP 9205388 A 19970805 JP 9611574 A 19960126 199741 B 

Priority Applications (No Type Date) : JP 9611574 A 19960126 
Patent Details: 

Patent No Kind Lan Pg Main IPC Filing Notes 
JP 9205388 A 6 H04B-003/23 

Abstract (Basic) : JP 9205388 A 

The appts consists of an acoustic echo canceller (12) between a 
radio (6) and a speaker (11). The output transmission signals from a 
microphone (1) is passed to the radio. The acoustic echo canceller 
forms a presumed echo based on the answering signal. Presumed echo is 
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added to the transmission signal through an adder (4) and the acoustic 
echo component is removed from the transmission signal. 

A first and second adaptive high pass filters (14,15) are 
provided at front stage of adder and adaptive echo canceller 
respectively. The variation of the characteristics of each signal path 
of the transmission signal is adaptively done by the adaptive high 
pass filter , based on the output of the adder. 

ADVANTAGE - Improves S/N of transmission signal. Reduces acoustic 
echoes. Improves interactive quality and transmission articulation. 

Dwg. 1/5 

Title Terms: ADAPT; TYPE; NOISE; REMOVE; APPARATUS; VEHICLE; TELEPHONE; 

ADAPT; FILTER ; VARY; CHARACTERISTIC; SIGNAL; PATH; TRANSMISSION; SIGNAL 

; ECHO; ADD; ADAPT; BASED; ADDER; OUTPUT 
Derwent Class: U22; W01 

International Patent Class (Main) : H04B-003/23 

International Patent Class (Additional) : H03H-017/00; H03H-021/00; 

H04M-001/60 
File Segment: EPI 
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Noise reduction device for air conditioner - incorporates pair of 
speakers and microphone in ventilation duct to impart symmetry to 
acoustic characteristic of ventilation duct about vertical axis 

Patent Assignee: MATSUSHITA DENKI SANGYO KK (MATU ) 

Number of Countries: 001 Number of Patents: 001 

Patent Family: 

Patent No Kind Date Applicat No Kind Date Week 

JP 7077994 A 19950320 JP 93222702 A 19930908 199520 B 

Priority Applications (No Type Date) : JP 93222702 A 19930908 
Patent Details: 

Patent No Kind Lan Pg Main IPC Filing Notes 
JP 7077994 A 13 G10K-011/178 

Abstract (Basic) : JP 7077994 A 

The noise reduction device has several FIR filters . Two 
microphones (la, lb) and two speakers (5a, 5b) are located in the 
ventilation duct (9) attached to the blower (8). The first microphone 
(la) detects the acoustic noise emitted by the air blower. The LMS 
calculator (4) executes the signal processing of detected acoustic 
noise. The adaptive filter (2) executes the adaptive control of the 
calculator output . 

The two speakers (5a, 5b) generates acoustic output from the 
adaptive filter electrical output. The second digital filter (3b) 
processes the signal outputted by the adaptive filter and feeds the 
result to the LMS calculator (4). The second acoustic noise detector 
i.e. microphone is installed in the ventilation duct at far end near 
the speaker . The acoustic noise detected by the second microphone is 
fed to the LMS calculator (4). The speakers (5a, 5b) are arranged so 
that the cones face each other, ensuring axial alignment with direction 
of airflow. 

ADVANTAGE - Improves noise reduction effect and low pass 
reproduction capability with low cost speakers . Provides uniform and 
stable attenuation effect. Prevents feedback loop constituted by 
output signal of second digital filter and adaptive filter 
reproduced by calculator from speaker is detected by first 
microphone. Provides stable noise control. Delivers good acoustic 
damping. Regulates flow of air between first and second detection 
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points. 
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RF signal transceiver for remote access to vehicles - uses RF oscillator 
stage with feedback loop incorporating saw delay line and control, 
switching between transmitting and receiving modes 

Patent Assignee: DELCO ELECTRONICS CORP (DELC-N) 

Inventor: ANDERSON F J 
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Abstract (Basic) : EP 486087 A 

The transceiver has an RF oscillator (20) which includes a feedback 
circuit (22,24) comprising a surface acoustic wave device (24) 
coupling an input and an output of the RF oscillator, and adapted to 
produce RF oscillations. A controller (14) switches the appts. between 
transmitting and receiving modes. A transmitter (38,40,12) is coupled 
to the output of the RF oscillator during the transmitting mode to 
transmit the RF oscillations produced. 

An input (12,16,18) is adapted during the receiving node to couple 
a modulated RF signal to the input of the RF oscillator. A low . pass 

filter (34) is coupled to the output of the RF oscillator, and 
adapted to filter the modulated RF signal. 

ADVANTAGE - Small size, low power consumption, and good high temp. 
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Extended bandwidth virtual earth noise controller - has filter between 
speaker and microphone moved nearer noise source, so transport lead 
component reduces loop gain requirements 

Patent Assignee: ANONYMOUS (ANON ) 

Number of Countries: 001 Number of Patents: 001 

Patent Family: 

Patent No Kind Date Applicat No Kind Date Week 

RD 317102 A 19900910 199041 B 

Priority Applications (No Type Date) : RD 90317102 A 19900820 

Abstract (Basic) : RD 317102 A 

The virtual earth active noise controller consists of a microphone 
for measuring acoustic noise . generated by a source, an inverting 
amplifier having the microphone connected to its input, and a speaker 
connected to the output of the inverting amplifier. The noise signal 
measured by the input microphone is inverted by the amplifier, and 
corresponding acoustic waves are produced by the speaker to cancel 
the noise waves. The input microphone is moved a slight distance away 
from the speaker and toward the source of noise. A filtering 
network is included between the input microphone and speaker . 

The measured signal produced by the input microphone then consists 
of a transport lead component due to the measured noise, and a loop 
feedback component due to the waves produced by the speaker . The' 
transport lead component reduces the loop gain requirements for optimum 
noise reduction and stability. The total system noise attenuation is 
significantly greater than the loop gain and is attributable to the 
transport lead component. The filtering network is designed to 
provide the proper amplification and phase compensation, in accord with 
the transfer functions of the other system components, such as the 
microphone and speaker , to increase the loop gain at the bandpass 
limits . 

ADVANTAGE - Operable noise canceling bandwidth of noise controller 
is significantly increased. 
Dwg. 0/0 
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Sound attenuation system using active control techniques - has controller 
incorporating signal processor feeding signal from sound detector to 
generator using negative feedback 

Patent Assignee: NAT RES DEV CORP (NATR ) 

Inventor: SWINBANKS M A 

Number of Countries: 003 Number of Patents: 004 
Patent Family: 

Patent No Kind Date Applicat No Kind Date Week 

GB 2142091 A 19850109 GB 8415387 A 19840615 198502 B 

JP 60020700 A 19850201 JP 84128374 A 19840621 198511 
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GB 2142091 B 19870325 198712 

Priority Applications (No Type Date): GB 8317086 A 19830623; GB 8415387 A 

19840615 
Patent Details: 

Patent No Kind Lan Pg Main IPC Filing Notes 
GB 2142091 A 8 

Abstract (Basic) : GB 2142091 A 

In an active sound control system allowance is made in a relatively 
uncomplicated circuit for acoustic coupling between a sound generating 
system for generating a cancelling sound wave and a detector for 
sensing a sound wave to be cancelled. Unwanted sound from a source is 
detected by a microphone and cancelled by sound from a speaker . 

The microphone is connected to the speaker by way of a fixed gain 
amplifier which has a feedback processing system. The system is such 
that its transfer function takes account of acoustic feedback between 
the speaker and the microphone in deriving, with the amplifier 9, a 
signal to drive the speaker . 

USE - For cancelling unwanted sound. 

3/6 
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Band pass filter with surface acoustic wave devices - uses LC 
circuit to suppress triple transit echoes in surface wave receiver output 

Patent Assignee: ROCKWELL INT CORP (ROCW ) 
Number of Countries: 001 Number of Patents: 001 
Patent Family: 

Patent No Kind Date Applicat No Kind Date Week 

US 4063202 A 19771213 197751 B 

Priority Applications (No Type Date) : US 76683608 A 19760505 

Abstract (Basic): US 4063202 A 

At least one of several transducers on a piezoelectric substrate is 
externally short-circuited by a series resonance circuit for 
suppression of triple transit echoes. The resonance circuit is 
additionally connected to an amplifier via a high input or output 
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impedance . 1 • 

In multi-transducer systems any two transducers are prevented 
from communicating via echo signals by such resonance circuits. In 
filter cascades several resonance circuits may be included in the 
interstage coupling circuit or between the input and output amplifiers 
on the one hand and the cascade on the other hand. 
Title Terms: BAND; PASS; FILTER ; SURFACE; ACOUSTIC; WAVE; DEVICE; CIRCUIT 

; SUPPRESS; TRIPLE; TRANSIT; ECHO; SURFACE; WAVE; RECEIVE; OUTPUT 
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Coin discriminating appts using coin vibration - has selective oscillator 
running at natural coin frequency and one-cycle selector 
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Patent No Kind Date Applicat No Kind Date Week 

US 3939953 A 19760224 197610 B 

Priority Applications (No Type Date): JP 7368678 A 19730620; JP 7368676 A 
19730620; JP 7368677 A 19730620 

Abstract (Basic) : US 3939953 A 

The coin discriminating apparatus contains an oscillator circuit 
having a feedback loop . A mechanical filter inlcudes a 
discriminated coin, a speaker to vibrate the coin and a sensor to 
pick up the vibration of the coin. A one cycle selector takes out one 
period of the vibration frequency generated at the oscillator circuit. 
Means are provided for quantizing the output signal of the one cycle 
selector by clock pulses. Counter means includes a scale of -1000 
counter and a decoder for counting the number of clock pulses. A 
bistable circuit has its state reversed on receipt of an output 
produced at the decoder when contents of the counter run up to the 
lower limit or the upper limit of a predetermined tolerance. 
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.CLAIMS 3), essentially consists of a subtraction stage (5) with a 
positive and negative input, a low - pass filter (6) and a 
comparator circuit (7) with holding network controlled by a clock 
pulse generator. . . 

.the subtraction stage to the output of the comparator stage (7) by way 

of a feedback loop . 
3. Hearing aid in accordance with claim 1, characterized in that the 

clock frequency of the clock pulses... 
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ABSTRACT EP 271190 A2 

A superregenerative detector utilizing a single transistor and having a 
surface acoustic wave device in the feed back loop coupling the output to 
the input to cause oscillation wherein the surface acoustic wave device 
is a low loss delay line formed as a single phase unidirectional 
transducer on a quartz substrate. 
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..SPECIFICATION switching the RF oscillator between an oscillating and a 
non-oscillating condition; characterised by a surface acoustic wave 
delay line device in the feedback loop , the device being a single 
phase unidirectional transducer formed on a piezoelectric substrate 
with electrodes a quarter of a wavelength wide, and. . . 

..there are means for coupling a modulated RF signal to the oscillator 
input; and a low pass filter means coupled to the output to recover 
the modulation signal. 

In the accompanying drawings :- 
FIG. . . 
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BAND-LIMITED ADAPTIVE FEEDBACK CANCELLER FOR HEARING AIDS 

DISPOSITIF ADAPTATIF DE SUPPRESSION DE L'EFFET LARSEN A BANDE LIMITEE 
DESTINE AUX PROTHESES AUDITIVES 

Patent Applicant/Assignee: 
HOUSE EAR INSTITUTE, 
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Main International Patent Class: H04R-025/00 
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Publication Language: English 

Fulltext Availability: 
Detailed Description 
Claims 

Fulltext Word Count: 9255 
English Abstract 

An improved method for adaptively cancelling acoustic feedback in 
hearing aids and other audio amplification devices. Feedback cancellation 
is limited to a frequency band that encompasses all unstable frequencies. 
By limiting the bandwidth of the feedback cancellation signal, the 
distortion due to the adaptive filter is minimized and limited only to 
the unstable feedback regions. A relatively simple signal processing 
algorithm is used to produce highly effective results with minimal signal 
distortion . 

French Abstract 

L' invention concerne un procede ameliore pour supprimer de maniere 
adaptative l'effet Larsen dans les protheses auditives et dans d'autres 
dispositifs audio amplifies. La suppression de l'effet Larsen est limitee 
a la bande de frequences qui englobe toutes les frequences instables. En 
limitant la bande de frequences du signal d'annulation de l ! effet Larsen, 
on arrive a reduire au minimum la distorsion provoquee par le filtre 
adaptatif, qui est limitee uniquement aux zones instables de l ! effet , 
Larsen. On utilise un algorithme relativement simple de traitement des 
signaux pour obtenir des resultats probants, et ce avec une distorsion 
minimale des signaux. 

Fulltext Availability: 
Claims 

Claim 

I A feedback canceller for an audio amplification device 

comprising : 

an adaptive filter ; 

means for combining an output of the adaptive filter with an input 
of the audio amplification device; 
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a first band limiting filter having an input coupled to an output 
of 

the audio amplification device and an output coupled to an input of the 
adaptive filter , wherein the first band, limiting filter has a 
passband limited to a frequency band containing unstable frequencies. 
2 The device of claim I wherein... 

...the output of the audio amplification device to the input thereof. 

25 A method for cancelling feedback in an audio amplification 
device 

comprising the steps of 

applying an output of the audio amplification device to a first band 

limiting filter having a passband limited to a frequency band 
containing 

unstable frequencies. 

applying an output of the first band limiting filter to an adaptive 
filter ; 

combining an output of the adaptive filter with an input of the 
audio amplification device. 

26 The method of claim 25 wherein ... path from the output of the audio 
amplification device to the input 

thereof 

4 8 A feedback canceller for an audio amplification device 

comprising : 

means for creating a first delay having an input coupled to an audio 
output of a hearing aid circuit and an output, & 

a first band limiting filter having an input coupled to the output 
of 

the first delay means and an output; 

an adaptive filter having an input coupled to the output of the first 

band limiting filter and an output; 
means for creating a second delay having an input coupled to a... 

. . .of the second delay means, an inverting input coupled to the 

output of the adaptive filter and an output coupled to the input of the 
hearing aid processing module; 

a second band limiting filter having an input coupled to the input 
of 

the second delay means and an output... 

...second summing node having a non-inverting input coupled to the 
output of the second band limiting filter , an inverting input 
coupled to the 

output of the adaptive filter and an output; 

means for selecting a filter coefficient having a first input coupled 
to the output of the first band limiting filter , a second input 
coupled to the 

output of the second summing node and an output for supplying the filter 
coefficient to the adaptive filter ; 

wherein the first and second band limiting filters have passbands 
limited to a frequency band containing unstable frequencies. 

49 A feedback canceller circuit for an audio amplification 
device 

comprising : 

means for creating a delay having an input coupled to an audio 
output of a hearing aid circuit and an output; 

a first band limiting filter having an input coupled to the output 
of 

the delay means and an output; 

an adaptive filter having an input coupled to the output of the first 
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band limiting filter and an output; 
a surnining node having a non-inverting input coupled to a 
conditioned. . . 

.of a hearing aid microphone, an inverting input coupled to the output of 
the adaptive filter and an output coupled to the input of 
the hearing aid processing module; 

a second band limiting filter having an input coupled to the output 
of the summing node and an output; 

a third band limiting filter having an input coupled to the output 
of 

the first band limiting filter and an output; 

means for selecting a filter coefficient having a first input coupled 
to the output of the second band limiting filter and a second input 
coupled to the output of the third band limiting filter and an 
output for supplying 

the filter coefficient to the adaptive filter ; 

wherein the first, second and third band limiting filters have 
passbands limited to a frequency band containing unstable frequencies. 

50 The device of claim 4 9 wherein... 
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An echo canceller has a high - pass filter 11, a speaker 3, 
an A/D converter 6, and an echo canceller 7. The high - pass 

filter 11 suppresses a low-frequency component in a received signal. The 

speaker 3 outputs an acoustic sound of a low-frequency suppressed 
received signal passed through the high - pass filter 11. TheA/D 
converter 6 converts an acousticecho f romamicrophone 4 into a 
transmission signal of a digital form. The echo canceller 7 generates a 
pseudo echo signal based on the low-frequency suppressed received signal 
passed through the high - pass filter 11, and eliminates the acoustic 
echo to be inputted to the microphone 4 from the speaker 3 by , 
subtracting the pseudo echo signal from the digital signal converted by 
the A/D converter 6. 

ABSTRACT WORD COUNT: 122 
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Figure number on first page: 1 
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An echo canceller has a high - pass filter 11, a speaker 3, 
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an A/D converter 6, and an echo canceller 7. The high - pass 

filter 11 suppresses a low-frequency component in a received signal .* The 

speaker 3 outputs an acoustic sound of a low-frequency suppressed 
received signal passed through the high - pass filter 11. TheA/D 
converter 6 converts an acousticecho f romamicrophone 4 into a 
transmission signal... 

...a pseudo echo signal based on the low-frequency suppressed received 
signal passed through the high - pass filter 11, and eliminates the 
acoustic echo to be inputted to the microphone 4 from the speaker 3 by 
subtracting the pseudo echo signal from the digital signal converted by 
the A. . . 

...SPECIFICATION processor having a high-pass filter, aD/Aconverter, a 
speaker, amicrophone, anA/Dconverter, and an echo canceller . The 
high - pass filter suppress a low-frequency component in a received 
signal in digital form. The D/A converter converts the low-frequency 
component passed through the high - pass filter to a sound signal. The 
speaker outputs an acoustic based on the sound signal. The microphone 
has a possibility to input an acoustic echo outputted from the speaker . 
The A/D converter converts the sound signal outputted from the microphone 
to a digital ... ' , 

...a pseudo echo signal based on a low-frequency suppressed received signal 
obtained through the high - pass filter and generates a transmission 
signal by subtracting the pseudo echo signal from the digital... 

...suppressed received signal to be inputted to the echo canceller is 
suppressed together by the high - pass filter, it is possible to 
prevent a deterioration of a calculation accuracy of an adaptive filter 
coefficient in the echo canceller , to set the difference between the 
pseudo echo signal and the echo signal to a... 

...to another aspect of the present invention, there is provided an echo 
processor having a high - pass filter, a D/A converter, a speaker, a 
microphone, an A/D converter, an echo canceller, and a double-talk 
detector. The high - pass filter suppress a low-frequency component in 
a received signal in digital form. The D/A converter converts the 
low-frequency component passed through the high - pass filter to a 
sound signal. The speaker outputs an acoustic based on the sound signal 

...a pseudo echo signal based on a low-frequency suppressed received * signal 
obtained through the high - pass filter and generates a transmission 
signal by subtracting the pseudo echo signal from the digital... 

...on the low-frequency component, and controls to halt and start the 
update of a filter coefficient of the echo canceller . 

It is thereby possible to reduce a non-linear distortion outputted from 
the speaker. Further. . . 

...suppressed received signal to be inputted to the echo canceller is 
suppressed together by the high - pass filter, it is possible to 
prevent a deterioration of a calculation accuracy of an adaptive filter 
coefficient in the echo canceller , to set the difference between the 
pseudo echo signal and the echo signal to a... 
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A hands-free speaking device is provided which is capable of removing 
ambient noise at the near side from the speech transmitting signal. 

The hands-free speaking device comprises a speaker (51) for 
reproducing a received speech signal, a microphone (52) for outputting a 
speech transmitting signal, an echo canceler (55) for removing an echo 
(62) transmitted from the speaker (51) to the microphone (52), and a 
voice detector (11) comprising a noise level monitoring circuit (2) for 
monitoring the level of the ambient noise (63) input to the microphone 
(52), a voice level monitoring circuit (3) for monitoring the level of a 
voice signal (61) input to the microphone (52), and a comparator (4) for 
generating a signal for increasing the attenuation amount of an 
attenuator (10) to attenuate the transmitting speech signal when the 
noise level is higher than the voice level. (see image in original 
document ) 
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...SPECIFICATION 54, an acoustic echo canceler 55, and a 2-line/4-line 
converter 57 . 

The high - pass filter 12 attenuates the low-frequency component in 
the speech transmitting signal generated from the speech transmitting 
signal microphone 52. The high-frequency component alone is passed 
. through the filter and output to the acoustic echo canceler 55. 
The low - pass filter 13 attenuates the high-frequency component in 
the output of the acoustic echo canceler 55... 

...to the attenuator 10. The attenuator 10, the voice detector 11, the 
received speech signal speaker 51, the speech transmitting signal 
microphone 52, the speech transmitting side output terminal 53, the.,. 
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ABSTRACT EP 250679 A2 

In a hearing aid system, selected optimum parameter values are 
programmed into an electronically erasable, programmable read-only memory 
( EE PROM) (84) which supplies coefficients to a programmable filter (64) 
and amplitude limiter (67) in the hearing aid so as to cause the hearing 
aid to adjust automatically to the optimum set of parameter values for 
the speech level, room reverberation, and type of background noise then 
obtaining. The programmable filter may be a digital equivalent of a 
tapped delay line in which each delayed sample is multiplied by a 
weighting coefficient, and the sum of the weighted samples generates a 
desired electro-acoustic characteristic; or a tapped analog delay line in 
which the sum of the weighted outputs of the taps generates the desired 
characteristics . 

Acoustical feedback is reduced by an electrical feedback path in -the 
hearing aid which is matched in both amplitude and phase to the acoustic 
feedback path, the two feedback signals being subtracted so as to cancel 
each other. Alternatively, a single filter in the forward path may be 
used for this purpose with a transmission characteristic equivalent to 
that of the programmable filter in the forward path plus the electrical 
feedback path. Also, the relative speech-noise content in the signals 
from the hearing aid microphone is sensed and binary words are generated 
and supplied to the programmable filter for selecting from memory a set 
of delay line tap coefficients that are effective to impart to the filter 
the appropriate frequency response for the specific environmental noise 
condition being detected. 
ABSTRACT WORD COUNT: 256 



LEGAL STATUS (Type, Pub Date, Kind, Text) : 
Lapse: 20000126 Bl Date of lapse of European Patent in a 

contracting state (Country, date) : GR 

19930707, LU 19931031, 
Application: 880107 A2 Published application (Alwith Search Report 

;A2without Search Report) 
Change: 880831 A2 Representative (change) 

Search Report: 890419 A3 Separate publication of the European or 

International search report 
Examination: 891129 A2 Date of filing of request for examination: 



June 27, 2003 



891004 

Date of despatch of first examination report: 
910620 

Representative (change) 

Applicant (transfer of rights) (change) : 
AUDIMAX CORPORATION (1522870) c/o Energy 
Transportation Group, Inc. 1185 Avenue of the 
Americas New York, New York 10036 (US) 
(applicant designated states: 
AT ; BE ; CH ; DE ; ES ; FR ; GB / GR; I T ; L I ; LU ; NL ; SE ) 
Granted patent 
No opposition filed 

Date of lapse of .European Patent in a 
contracting state (Country, date) : LU 
19931031, 

LANGUAGE ( Publication, Procedural , Application) : English; English; English 
FULLTEXT AVAILABILITY: 



Available Text 


Language 


Update 


Word 1 




CLAIMS B 


(English) 


EPBBF1 


1366 




CLAIMS B 


(German) 


EPBBF1 


1487 




CLAIMS B 


( French) 


EPBBF1 


1773 




SPEC B 


(English) 


EPBBF1 


6717 


Total 


word count 


- document 


A 


0 


Total 


word count 


- document 


B 


11343 


Total 


word count 


- documents A + B 


11343 



...SPECIFICATION aid, switching back and forth two sets of electroacoustic 
characteristics at will by means of the switches 123A and 123B , 
choosing the characteristic which is more intelligible or preferable in 
some way. Paired comparisons made... 

...88 is connected to the switch 37, the counter 74 and the RAM 71. 

The hearing aid is now in its normal operating mode and speech 
detected by the microphone 57 is... 

...gain control circuit 58 and transmitted through the amplifier 60, the 
filter 63 and the low pass filter 63a into the programmable filter 
circuitry. 

A so-called "bucket brigade" analog delay time... 
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Claims 
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English Abstract 

An offset voltage calibration circuit for use with a digital switching 
amplifier (400) . The calibration circuit includes an analog-to-digital 
converter (406) for converting at least one DC offset voltage associated 
with the digital switching amplifier (400) to digital offset data. A 
memory (408) stores the digital offset data. Control circuitry (402) 
controls the analog-to-digital converter (406) . A digital-to-analog 
converter (404) coupled to the memory (408) receives the digital offset 
data and generates an offset compensation voltage for applying to an , 
input port of the digital switching amplifier which thereby cancels at 
least a portion of the at least one DC offset voltage. 

French Abstract 

L' invention concerne un circuit de calibrage de tension de decalage a 
utiliser avec un amplif icateur (400) de commutation numerique. Ledit 
circuit de calibrage comprend un convertisseur analogique-numerique (406) 
permettant de convertir au moins une tension de decalage en continu 
associee a 1 ' amplif icateur (400) de commutation numerique en donnees de 
decalage numerique. Une memoire. (408) stocke les donnees de decalage 
numerique. Des circuits de commande (402) commandent le convertisseur 
analogique-numerique (406). Un convertisseur numerique-analogique (404) 
relie a la memoire (408) recoit les donnees de decalage numerique et 
genere une tension de compensation de decalage a appliquer a une borne 
d' entree de 1 1 amplif icateur de commutation numerique qui annule ainsi au 
moins une partie d f une tension de decalage en continu au minimum. 

Legal Status (Type, Date, Text) 

Publication 20010208 Al With international search report. 
Examination 20010614 Request for preliminary examination prior to end of 

19th month from priority date 

Fulltext Availability: 
Detailed Description 

Detailed Description 

amplifier I 00 and converted to a one-bit signal by a noise-shaping 
oversampled feedback loop which includes loop filter 102, 
comparator 104, break-bef ore-make generator 106, power stage driver 108, 
and power stage. . . 

...The one-bit signal drives the power stage I 10 which, in turn, drives a 
low pass filter comprising inductor 112 and capacitor 114 which 
recovers the audio signal with which speaker 1 1 6 is driven. 

Any DC offset inherent in amplifier I 00 is amplified. . . 
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English Abstract 

In one aspect of the present invention, a network gateway is configured 
to facilitate on line and off line bi-directional communication between a 
number of near end data and telephony devices with far end data 
termination devices via a hybrid fiber coaxial network and a cable modem 
termination system. The described network gateway combines a QAM 
receiver, a transmitter, a DOCSIS MAC, a CPU, a voice and audio 
processor, an Ethernet MAC, and a USB controller to provide high 
performance and robust operation. 

French Abstract 

Selon un aspect de la presente invention, une passerelle de reseau est 
concue pour faciliter la communication bidirectionnelle en-ligne et 
hors-ligne entre, d'une part, une pluralite de dispositifs de telephonie 
et de traitement de donnees d f extremite rapprochee et, d' autre part, des 
dispositifs terminaux de traitement de donnees d'extremite eloignee, par 
1 ' intermediaire d'un reseau a systeme de transmission hybride fibre et 
coaxial et d'un systeme de terminaison a modem cable. La passerelle de 
reseau de cette invention combine un recepteur QAM, un emetteur, un MAC 
DOCSIS, une unite centrale, un processeur de donnees vocales et sonores, 
un MAC Ethernet et un controleur USB dans le but d f assurer de hautes 
performances et un f onctionnement robuste. 

Legal Status (Type, Date, Text) 

Publication 20001019 A2 Without international search report and to be 
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Examination 20010412 Request for preliminary examination prior to end of 
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Republication 20020103 A3 With international search report. 

Fulltext Availability: 
Detailed Description 

Detailed Description 

embodiment of the 
present invention; 

FIG. 18A is a block diagram of a single pole low pass filter used to 
smooth or average the differences between sampling rates in accordance 
with a . . . 

...typically associated with conventional echo cancellers and utilizes the 
delay associated with a decimator and high pass filter to provide a 
look ahead capability so that filter I 0 adaptation may be... 

...the present invention; 

I 0 FIG. 31 is a block diagram of a method for canceling echo returns 
in accordance with a 
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English Abstract 

A communication system for monitoring and/or controlling communication 
parameters of a remote communication device. The communication system 
monitors a communication channel that is created between the remote 
communication device and controls the communication device by adjusting 
internal settings of the communication device that represent 
communication parameters. The communication device is communicatively 
coupled to a communication channel to carry out ongoing communications 
between the communication device and the communication channel. Further, 
a software module is associated with the communication device, and the 
software module accesses the internal settings of the communication 
device from a remote location via the communication channel and performs 
diagnostics such as monitoring, controlling, and configuring the 
communication device using the internal settings of the communication 
device . 
French Abstract 

Systeme de communication destine a controler et/ou commander les 
parametres de communication d'un dispositif de communication distant. Le 
systeme de communication controle une voie de communication creee entre 
le dispositif de communication distant et il commande le dispositif de 
communication en ajustant les reglages internes du dispositif de 
communication representant les parametres de communication. Le dispositif 
de communication est couple de maniere communicative a une voie de 
communication afin de permettre des communications permanentes entre le 
dispositif de communication et la voie de communication. De plus, un - 
module logiciel est associe au dispositif de communication, le module 
logiciel accede au reglage interne du dispositif de communication depuis 
un point distant par la voie de communication et il execute un diagnostic 
tel que le controle, la commande et la configuration du dispositif de 
communication au moyen des reglages internes de ce dernier. 

Fulltext Availability: 
Claims 

Claim 

... 0 indicates 
u-law 

RKCFG -ENCODING-LAW V90-RK-CODES , BOOL 
( TRUE=A-Law) None 

********* SpeakerPhone Constants 
Hardware Delay 

RKCFG -EC-DELAY SPKP-RK-CODES , //0SPKP 
MODULE, INT No of 
Samples . . . 

. . . RKMON DATA RES ECHO GET 

RKCTL-DATA-RES-ECHO-REQUEST=v34-RK-CODESI// None 
None 
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SpeakerPhone Constants 

Speakerphone Mode (FD, HD, HS) 
RKCTL-SPKP-MODE SPKP-RK-CODES, SPKPMode 
None 

Output Mute 
RKCTL 10 MUTE, 

@SPKP PROBE, BOOL - Yes/Nol None 
// Echo Cancellers 

RKCTL FILTER -LENGTH, @SPKP-MODULE, INT - No 

of Taps) None 

RKCTL EC-OPERATE, (SPKP 

MODULE, BOOL 

Yes. . .bit) 

PCM Pad 

RKMON- PAD- DETECTED , 

None DWORD PAD 0=NORMAL 3=3dBPad 6=6dBPad 
// High Pass filter enabled 
RKMON-H I GH PASS -FILTER-ENABLED 
None BOOL Yes /No 

SpeakerPhone Constants 

Speakerphone Mode (FD, HD, HS) 
RKMON- SPKP-MODE SPKP-RK-CODES, None 
so SPKPMode 
State 
RKMON . . . 

. .Yes/No 

RKMON - S AT URAT I ON , 

SPKP PROBE BOOL - Yes/No 

RKMON- DC-LEVEL, 

SPKP PROBE FLOAT 

Echo Cancellers 
RKMON- FILTER -LENGTH, 
SPKP MODULE INT No of Taps 
RKMON-EC-OPERATE I 
SPKP-MODULE BOOL Yes/No. . . 
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Detailed Description 
Claims 

Fulltext Word Count: 8979 
English Abstract 

A communication system for monitoring and/or controlling communication 
parameters of a communication device. The communication system monitors a 
communication channel that is created when the communication device 
connects to a network, controls the communication device as it operates 
on the network, and configures the comm unication device. The 
communication device is commonly a modem and is communicatively coupled 
to the network to carry out ongoing communications between the modem and 
the network through the communication channel. Further, a software module 
is associated with the modem, and the software module accesses the 
internal settings of the modem via the communication channel (if 
necessary) and performs operations such as monitoring, controlling, and 
configuring the modem (or other communication device) using the internal 
settings of the modem. 

French Abstract 

L 1 invention porte sur un systeme de telecommunications surveillant et/ou 
regulant les parametres d'un systeme de telecommunications. Ledit systeme 
surveille un canal de transmission cree au moment ou le dispositif de 
telecommunications se raccorde a un reseau, le commande alors qu'il opere 
sur le reseau, et le configure. Le dispositif de telecommunications est 
habituellement un modem raccorde au reseau et acheminant les 
communications en cours entre le modem et le reseau et transitant par le 
canal de transmission. En outre, un logiciel associe au modem et ayant 
acces aux reglages interieurs du modem (si necessaire par 1 1 intermediaire 
du canal de transmission) , execute des operations telles que la 
surveillance, le reglage, ou la configuration du modem (ou d'autres 
dispositifs de transmission) en utilisant les reglages interieurs du 
modem. 

Fulltext Availability: 
Claims 

Claim 

... O indicates 
u-law 

RKCFG- ENCODING-LAW V90-RK-CODES , BOOL 
(TRUE=A-Law) None 

********* SpeakerPhone Constants 
Hardware Delay 

RKCFG-EC- DELAY SPKP-RK-CODES, //(SPKP 
MODULE, INT No of 
Samplesi . . . 

. . . RKMON DATA RES ECHO GET 

RKCTL-DATA-RES-ECHO-REQUEST-v34 -RK-CODES , // None 
None 

SpeakerPhone Constants 

Speakerphone Mode (FD, HD, HS) 
RKCTL-SPKP-MODE SPKP-RK-CODES, SPKPMode 
None 

Output Mute 
RKCTL-TO-MUTE, 

@ SPKP- PROBE I BOOL - Yes/No@ None 
// Echo Cancellers 

RKCTL- FILTER -LENGTH, @SPKP-MODULE, INT - No 
of Tapsl None 

RKCTL- EC-OPERATE, 0SPKP-MODULE, BOOL 
Yes... bit) 
PCM Pad 

RKMON- PAD-DETECTED, 



June 27, 2003 



None DWORD PAD O-NORMAL 3=3dBPad 6=6dBPad 

// High Pass filter enabled 

RKMON-H I GHPASS-FTLTER- ENABLED 

None BOOL Yes/No 
SpeakerPhone Constants 
Speakerphone Mode (FD, HD, HS) 

RKMON-SPKP-MODE SPKP-RK-CODES , None 

SPKPMode 

State 

RKMON-STATE , . . 
.Yes/No 

RKMON - S AT U RAT I ON , 

SPKP-PROBE BOOL - Yes/No 

RKMON- DC- LEVEL I 

SPKP-PROBE FLOAT 

// Echo Cancellers 

RKMON- FILTER -LENGTHI 

SPKP MODULE INT No of Taps 

RKMON- EC-OPERATE, 

SPKP MODULE BOOL Yes /No... 
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English Abstract 

Programmable hybrid hearing aid with digital signal processing 
comprising a main section (1) which can be inserted in the meatus (6). 
The main section (1) comprises an open connection between the ear opening 
and an inner portion of the meatus (6), providing an acoustic 
transmission channel with low-pass characteristic and resonant 
amplification. The main section further comprises an electroacoust ic 
transmission channel based on digital signal processing and a signal 
processor (DSP) and with possibility for suppressing a possible acoustic 
signal feedback through the acoustic transmission channel. A variant of 
the hearing aid is provided with a microphone (Ml) and the feedback 
signal is suppressed by digital filtering. Another variant of the hearing 
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aid employs two microphones (Ml, M2) , and the feedback signal may then be 
suppressed by phasing out before the digital signal processing, while* the 
digital signal processing also comprises cancellation of the feedback 
signal in case of high gain. A number of response functions are stored in 
a memory (RAM2) in a control unit and is freely chosen by the user in 
regard of adaption to hearing function and acoustic environment. All the 
electronics of the electroacoustic channel in the hearing aid is 
implemented as a monolithic integrated circuit (3) in CMOS technology. 

French Abstract 

• Prothese auditive hybride programmable avec traitement des signaux 
numeriques. Elle comprend une partie principale (1) a introduire dans le 
conduit auditif (6) . Celle-ci (1) comporte une liaison ouverte entre 
l'orifice de l f oreille et la partie interne du conduit auditif (6), 
constituant ainsi un canal de transmission acoustique a effet de 
passe-bas et d' amplification par resonance. Cette partie principale 
comprend en outre un canal de transmission electroacoustique base sur le 
traitement de signaux numeriques, ainsi qu f une unite de traitement des 
signaux. II est en outre possible de supprimer une eventuelle reaction 
parasite acoustique grace au canal de transmission acoustique. Une autre 
version de cette prothese auditive prevoit un microphone (Ml), le signal 
de reaction etant supprime par filtrage numerique . Dans une troisieme. 
version, on a deux microphones (Ml, M2 ) , et le signal de reaction peut 
alors etre supprime par elimination progressive de phase avant le 
traitement du signal numerique, qui entraine aussi 1 1 elimination du 
signal de retour en cas de gain eleve. Un certain nombre de fonctions de 
reaction sont memorisees (RAM2) dans une unite de commande. L * utilisateur 
peut librement les selectionner selon leur degre d ! adaptation a la 
fonction auditive et a 1 1 environnement acoustique. Toutes les pieces 
electroniques du canal electro-acoustique de ladite prothese sont 
realisees sous forme de circuit integre monolithe (3) par technique CMOS. 



Fulltext Availability: 
Claims 

Claim 

achieved with a hearing aid which is characterized by the 

features presented by the characteristic part of claim 5. 

A method for detection and signal processing in a hearing aid 

principally of the type presented, in claim, 5. is characterized 

by the features presented by the characteristic part of claim 

13, 

Further features and advantages of the hearing aid in 
accordance with 'the invention are presented in the appended 
independent claims 2. 4 and... 

...with the attached drawings. 

Fig, la is a block diagram showing the principles of a 

hearing aid in accordance with the invention. 
Fig. lb is a schematic representation of an electrical 
equivalent connection for the acoustic channel in 
fig. la. 

Fig. 2 is a variant of the hearing aid in accordance with 
the invention. 

Fig. 3 is a further variant of the hearing aid in 
accordance with the invention. 

Fig, 4a is a schematic block diagram for a hearing aid in 
accordance with the invention, where one 
microphone is used. 

Fig. 4b shows the hearing aid in fig. 4a with a 
cancellation filter inserted in a feedback loop . 
Fig, 4c shows the hearing aid in fig. 4a with a 
cancellation filter inserted in the signal's 
forward path. 
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Fig. 4d shows the hearing aid in fig, 4a with a power 
amplifier in the output stage. 

Fig. 5a shows a hearing aid in accordance with the 

invention, where two microphones are used, 

Fig. 5b shows a digital signal processor used with the 

hearing aid in fig. 5a. 
Fig, 6a is three examples of response curves for strong, 
moderate and weak hearing impairment respectively, 
in addition to the sound pressure response of a 
meatus without hearing aid . 

Fig, 6b is an example of the response curve for an 
envelope signal and a... 

. . in 

the digital signal processor in fig, 5b, 

The principles of the design of a hearing aid in accordance 
with the invention are illustrated schematically in fig. la. 
The hearing aid comprises an electroacoustic channel consisting 
of an analog input section, a digital signal processor and. . . 

..analog output section together with an acoustic transmission 
channel which simultaneously constitutes both an acoustic low 

pass filter and a potential acoustic feedback path, An external 
sound field is detected by a to the detector via 

its acoustic channel, The method of construction of the hearing 

aid causes a section of the inner meatus near the tympanum also 
to constitute an active component of the hearing aid by acting 
as a resonator. 

The acoustic channel will be discussed in more detail in 
connection with the equivalence diagram in fig. lb.. 
Fig. 2 shows a variant of the hearing aid in accordance with 
the invention. This variant comprises a main section with an 
acoustic transmission... 

..a distance from the first microphone Ml. The 

electronic components which form part of the hearing aid are 
provided in a first secondary section 2a which here is 
positioned in the concha... 

..this secondary section 2a it may be appropriate 

to provide a battery "4 for the hearing aid . Another not shown 
secondary section constitutes a case for the hearing aid , 
on an inner end of the main section 1 is provided a 
miniaturised sound generator SG which faces the tympanum and 
converts the amplified electrical signal in the hearing aid to 
an acoustic signal which is intercepted by the tympanum, In 
order to have room inside a person... 

..must preferably have, a diameter which is less than 
approximately 4,5 mm. In the hearing aid in accordance with the 
present invention an electrodynamic sound generator of the type 
described in fig, 3 the hearing aid in accordance with the invention 
is 

shown in a variant with two microphones Ml and. . . 
..to the main section 1 in fig. 2. All the 

electronics as well as the hearing aid 's battery 4 ate provided 
in the main section 1, so that a secondary section provided in 
or beside the concha has been dispensed with, The hearing aid ! s 
main section 1 has rather been connected with a not shown 
secondary section 2 in the form of a case in which the main 
section is kept when the hearing aid is not in use and which 
may also comprise possible electronic and electrical auxiliary 
devices . . . 
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.possibly plugs and switches and is arranged so 

that it is used for charging the hearing aid 's battery 4 when . 
the main section I is in the case. The main section... 

. charging . 

The electrical and electronic components used for signal 
processing in a variant of the hearing aid in accordance with 
the invention with one microphone Ml, will now be described in 
more ... 

.fig. 4a, All of these components 

can be provided in a suitable manner in the hearing aid ' s 
main section 1 or possibly in a first secondary section 2a, The 
microphone Ml... 

.frequency of, e.g., 8 kH. This will therefore be the 
upper limit of the hearing aid ! s frequency response, The 
microphone Ml may be, e.g,, a cardiod micropohone which gives ... front 
the inputs of a sound generator SG.'In order to eliminate any 
acoustic feedback a cancellation filter 35 is used which in 
fig, 4b is shown inserted in a feedback loop between... 

.amplifier 15 are all connected 

to a battery 4 which is preferably provided in the hearing 

aid 's main section 1. 
Fig. 5a shows the electronic components for signal processing 
in a hearing aid in accordance with the invention which uses 
two microphones Ml, M2 . In the figure the... 

.the input to the first channel " 
CHI and a second channel CH2 respectively in the hearing aid 's 
analog section, Each channel CHI, CH2 thus comprises a series 
connection of an impedance. . . 
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..SPECIFICATION Reference Manual" by AT&T, Oct. 1989. 

Speaker signal 45 from telephone lines 44 is low - pass filtered and 
digitized at 8 kilohertz by A/D converter 47. The digitized speaker 
signal 51 is combined with Line Echo Canceler (LEC) signal 49 in 



June 27, 2003 



summer 53 to produce summer output 55. As in AEC 26, LEC 40 uses an 
adaptive filter to model the impulse response of the sidetones coming 
from the near-end signals via microphone 12. The replica of the sidetones 
is then eliminated from the speaker signals 51 to prevent the near-end 
talkers from hearing their own voices coming back. Similar to the 
adaptive filter in AEC 2 6, a conventional normalized least mean square 
algorithm is used. Summer output 55 is fed back to LEC 40 to measure the 
effectiveness of the echo cancellation . 

Following echo cancellation on the receive side, summer output 55 
connects to receive attenuator 57, which functions in. ... 
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English Abstract 

A method is disclosed for maintaining loop stability between a transmit 
and a receive path of a speaker phone which is capable of operating in 
either a full-duplex or a half-duplex mode. Loop stability is maintained 
and normal operation is achieved by controlling transmit and receive path 
attenuators. The method first determines whether feedforward or feedback 
signals levels should be used (76) . Based on this determination, the 
signal and noise parameters along various points in the transmit and 
receive path are evaluated (78, 80). Based on the parameter values (82), 
the transmit and receive attenuators are adjusted to maintain loop 
stability and to operate the speaker phone in the proper state (84, 75). 

French Abstract 

L 1 invention se rapporte a un procede permettant de mantenir la stabilite 
de boucle entre une voie de transmission et une voie de reception d'un 
poste telephonique a haut-parleur pouvant fonctionner soit en mode duplex 
integral soit en mode semi-duplex. La stabilite de boucle est maintenue, 
et un f onctionnement normal est obtenu par la regulation d ' af f aiblisseurs 
de voies de transmission et de reception. Le procede consiste a 
determiner tout d'abord si des niveaux de signaux a reaction vers 1 1 avant 
ou de retour devraient etre utilises (76) . En fonction de cette 
determination, les parametres de signaux et de bruits au niveau de 
differents points situes le long des voies de transmission et de 
reception sont evalues (78, 80) . En fonction de ces valeurs parametriques 
(82), les af faiblisseurs de transmission et de reception sont ajustes' 
afin de maintenir la stabilite de boucle et de faire fonctionner le poste 
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.SPECIFICATION the optimum adaptation of the auditory signal to any 
hearing residue and simultaneously optimize the hearing aid ! s 
response function, hearing aids have been developed wherein the 
signal processing is performed digitally. The response function is 
adapted through filtering of the digital signal by means of appropriate 
filter coefficients, thus permitting the frequency response to some 
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extent to simulate the response function of a person with normal hearing 
. If the aids of the digital type are designed as so-called 
all-in-the-ear aids, the... 

.it will be an advantage to have several response curves, in order to 
adapt the hearing aid f s amplification as a function of the 
frequency to a variety of acoustic environments. It is obvious... 

.the range from approximately 1 up to approximately 4 kHz. 
Another well-known problem with hearing aids , whether they are 
digital or analog, is acoustic feedback between sound generator and 
microphone. Even though the hearing aid is positioned so that it 
closes the meatus and thus also prevents utilization of any hearing 
residue, this does not prevent feedback at high amplification, .since 
the sound from the sound generator can be conducted back to the 
microphone either via the material of the hearing aid or via tissue 
and bone matter in the vicinity of the meatus. It will therefore be 
desirable to cancel such a feedback signal, e.g. in connection with 
the digital signal processing in the hearing aid . As has already been 
mentioned it is also desirable to utilize any hearing residue at... 

.at least partially open, preferably so that it creates an acoustic 
transmission channel with a low - pass characteristic between the ear 
opening and the tympanum. If a channel of this kind is to be used with a 
hearing aid of the all-in-the-ear type, this makes great demands on 
the miniaturization of the hearing aid . Moreover, the problem of 
acoustic feedback will be further accentuated and will need to be... the 
ear opening to the inner meatus. 

This acoustic transmission channel ATC functions as a low - pass 
filter whose characteristics in reality depend on the volume of the 
channel and the volume of... 

.converted to an analog output signal s( sub(r)) which is smoothed in the 
reconstruction filter 14. The output signal from the reconstruction 
filter 14 is conveyed to the input terminals of the sound generator SG 
whose acoustic output... 

.case of high amplifications, e.g. over 55 dB, it will therefore be 
necessary to cancel this feedback signal, which is done preferably by 
means of a cancellation filter 35 in the digital signal processor DSP. 
The cancellation is performed in a purely digital manner in the 
cancellation filter 35 which can be provided in various ways in the 
digital signal processor, e.g. in a feedback loop between the output 
from the equalizer 34 and the input of the compressor 33 as... 

.for detection and signal processing in accordance with the invention 
involving the use of a hearing aid with two microphones will now be 
described in more detail with reference to figs. 5a... 
.dB, in case the amplified microphone signal has a higher level than 
this. The deconvolution filter 13a gives the signal s(sub 1) an upper 
critical frequency of 8 kHz, thereby acting as a band stop , after 
which the signal s(sub 1) is transmitted to a first input of the... 

.viz. the impedance converter 10b, the microphone amplifier lib, the 
compressor 12b and the deconvolution filter 13b to a second input of 
the sample-and-hold circuit SH with equal band limitation . 

By means of a not shown monostable multivibrator MVM the signal s(sub 
2) is. . . 
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